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FOREWORD
THIS is one of a series of Engineering Monographs

published by the British Broadcasting Corporation.

About six are produced every year, each dealing

with a technical subject within the field of television and

sound broadcasting. Each Monograph describes work

that has been done by the Engineering Division of the

BBC and includes, where appropriate, a survey of earlier

work on the same subject. From time to time the series

may include selected reprints of articles by BBC authors

that have appeared in technical journals. Papers dealing

with general engineering developments in broadcasting

may also be included occasionally.

This series should be of interest and value to engineers

engaged in the fields of broadcasting and of telecom-

munications generally.

Individual copies cost 5s. post free, while the annual

subscription is £1 post free. Orders can be placed with

newsagents and booksellers, or bbc pubhcations, 35

MARYLEBONE HIGH STREET, LONDON, W.l.



CONTENTS
Section Title

PREVIOUS ISSUES IN THIS SERIES

SUMMARY

1. GENERAL .

2. PRINCIPLES OF DESIGN

2.1 Method ofMeasurement of the Fundamental Component of

a Signal ....
2.2 Method of Measurement of Harmonics in a Signal

2.3 Method of Measurement of Intermodnlation Distortion

2.4 Stroboscope ....
3. CIRCUIT DETAILS AND PERFORMANCE

3.1 General . ,

3.2 Measurement of the Fundamental and of Harmonics in a

Signal

3.2.1 Circuit Details

3.2.2 Perfonnance

3.2.2.

1

Measurement of Fundamental

3.2.2.2 Measurement of Harmonics

3.3 Measurement of Intermodnlation Distortion

3.3.1 Circuit Details

3.3.2 Performance

3.4 Stroboscope

4. RESULTS .

5. CONCLUSION

6. ACKNOWLEDGMENTS

7. REFERENCES

Page

4

5

5

6

6

7

7

14

14

14

14

14

14

15

15

17

18

18



No.

1.

2.

3.

4.

5.

6.

7.

8.

9.

10.

11.

12.

]3.

14.

15.

16.

17.

18.

19.

20.

21.

22.

23.

24.

25.

26.

27.

28.

29.

30.

31.

32.

33.

34.

35.

36.

37.

38.

39.

40.

41.

42.

43.

44,

45.

46,

47.

48.

Date

Jt^E 1955

SEPTEMBER 1955

OCTOBER 1955

DECEMBER 1955

FEBRUARY 1956

APRIL 1956

JUNE 1956

PREVIOUS ISSUES IN THIS SERIES
Title

The Suppressed Frame System of Telerecording

Absolute Measurements in Magnetic Recording

The Visibility of Noise in Television

The Design ofa Ribbon Type Pressure-gradient Microphonefor Broadcast Transmission

Reproducing Equipment for Fine-groove Records

A V.H.F.jU.H.F. Field-strength Recording Receiver using Post-detector Selectivity

The Design ofa High Quality Commentator's Microphone Insensitive to Ambient Noise

An Automatic Integratorfor Determining the Mean Spherical Response ofLoudspeakers andMicrophones august 1956

The Application ofPhase-coherent Detection and Correlation Methods to Room Acoustics November 1956

An Automatic System for Synchronizing Sound on Quarter-inch Magnetic Tape with Action on

35-mm Cinematograph Film

Engineering Training in the BBC
An Improved 'Roving Eye'

The BBC Riverside Television Studios: The Architectural Aspects

The BBC Riverside Television Studios: Some Aspects ofTechnical Planning and Equipment

New Equipment and Methodsfor the Evaluation of the Performance ofLenses of Television

Analysis and Measurement ofProgramme Levels

The Design ofa Linear Phase-shift Low-pass Filter

The BBC Colour Television Tests: An Appraisal ofResults

A U.H.F. Television Linkfor Outside Broadcasts

The BBC's Mark II Mobile Studio and Control Room for the Sound Broadcasting Service

Two New BBC Transparenciesfor Testing Television Camera Channels

The Engineering Facilities of the BBC Monitoring Service

The Crystal Palace Band I Television Transmitting Aerial

The Measurement ofRandom Noise in the presence ofa Television Signal

A Quality-checking Receiver for V.H.F. F.M. Sound Broadcasting

Transistor Amplifiers for Sound Broadcasting

The Equipment of the BBC Television Film Studios at Ealing

Programme Switching, Control, and Monitoring in Sound Broadcasting

A Summary of the Present Position of Stereophonic Broadcasting

Film Processing and After-processing Treatment ofl6-mm Films

The Power Gain of Multi-tiered V.H.F. Transmitting Aerials

A New Survey of the BBC Experimental Colour Transmissions

Sensitometric Control in Film Making

A Mobile Laboratory for UHE and VHP Television Surveys

Tables ofHorizontal Radiation Patterns of Dipoies Mounted on Cylinders

Some Aspects of Optical Lens Performance

An Instrumentfor Measuring Television Signal-to-noise Ratio

Operational Research on Microphone and Studio Techniques in Stereophony

Twenty-five Years ofBBC Television

The Broadcasting ofMusic in Television

The Design ofa Group ofPlug-in Television Studio Amplifiers

Apparatusfor Television and Sound Relay Stations

Propagational Factors in Short-wave Broadcasting

A Band V Signal-frequency and a Correlation Detectorfor a VHF/UHF
Field-strength Recording Receiver

Vertical Resolution and Line Broadening

The Application of Transistors to Sound Broadcasting

Vertical Aperture Correction using Continuously Variable Ultrasonic Delay Lines

The Development ofBBC Internal Telecommunications

JANUARY 1957

MARCH 1957

APRIL 1957

JULY 1957

OCTOBER 1957

DECEMBER 1957

MARCH 1958

APRIL 1958

MAY 1958

JUNE 1958

AUGUST 1958

NOVEMBER 1958

DECEMBER 1958

FEBRUARY 1959

MARCH 1959

JUNE 1959

AUGUST 1959

JANUARY 1960

FEBRUARY 1960

APRIL 1960

MAY 1960

JULY 1960

OCTOBER 1960

DECEMBER 1960

FEBRUARY 1961

FEBRUARY 1961

APRIL 1961

JUNE 1961

SEPTEMBER 1961

OCTOBER 1961

FEBRUARY 1962

APRIL 1962

JULY 1962

AUGUST 1962

OCTOBER 1962

DECEMBER 1962

FEBRUARY 1963

MAY 1963

MAY 1963



APPARATUS FOR THE MEASUREMENT OF NON-LINEAR DISTORTION AS A

CONTINUOUS FUNCTION OF FREQUENCY

SUMMARY
Measurements of the non-linear distortion products generated by a system, such as a loudspeaker, which has more than one
degree of freedom must be made as a continuous function of frequency if a true assessment of the distortion is to be ob-

tained. Various methods of performing such measurements are reviewed and the hmitatjons are indicated. A description

is then given of a new system by which the individual harmonic and intermodulation distortion products can be measured
as a continuous function of frequency. In addition the working principles are described of a new type of stroboscope which
is capable of operating at constant illumination up to unusually high repetition rates; this device is suitable for examining

vibrating systems for resonance modes which may give rise to distortion through excessive amplitude.

Details are given of the circuits employed and the performance obtained from an equipment constructed on these

principles, and the results of some measurements are shown.

1. General

Most parts of a broadcasting chain generate some non-

linear distortion which will require investigation. The de-

gree of distortion produced by equipment such as ampli-

fiers will vary only slowly with frequency and can therefore

be sufficiently defined by measurements at a few selected

frequencies. On the other hand, certain types of apparatus

possess more than one degree of freedom and exhibit non-

linear distortion effects which vary rapidly with frequency

;

for example, a high-quality loudspeaker having an axial

response curve in which the irregularities are no greater

than 3 dB may produce non-linear distortion which varies

irregularly, even over a narrow frequency range, by more
than 20 dB. Formeasurements ofdistortionto be meaning-

ful in these circumstances it is clearly necessary to measure

the distortion products as a continuous function of fre-

quency. It is further desirable to measure individually the

various orders of distortion product, such as 2nd har-

monic, 3rd harmonic, and so on, not only for the purposes

of analysis and design, but also because the common prac-

tice of taking the r.m.s. total of these products as a sub-

jective index of distortion has proved to be misleading in

cases where the series converges only slowly.^' ^

Existing methods employing pure tones to measure non-

linear distortion as a continuous function offrequency are

of three kinds. In the first, a ghding-tone signal is applied

and the harmonics in the output are separated from the

fundamental by a series of filters with different cut-off fre-

quencies, appropriate switching operations being carried

out mechanically as the measurement proceeds.^'* The
degree of resolution obtained by the filters is usually

limited by considerations of instrumental comphcation

and the result commonly includes several harmonics to-

gether with a certain amount of unwanted noise. In the

second type of test, a low-frequency and a high-frequency

tone are simultaneously applied,^ and the coefficient of

modulation of the higher-frequency signal by the lower-

frequency signal is determined by conventional demodu-
lating circuits. In this case, the higher frequency may be

fixed and the lower variable within the range determined
by the side bands produced ; the test is in practice restricted

to the evaluation of the r.m.s. sum of the first few side-

band components. As in the case of harmonic distortion

measurements, however, it would be preferable to isolate

the individual distortion products. The third method* also

employs two tones, in this case separated by only a small
frequency difference ; the frequencies of the two tones can
both be varied continuously, keeping the difference con-
stant throughout the measurement. Some types of distor-

tion product with fixed frequencies which are multiples of
the original frequency difference can then be isolated by
corresponding bandpass filters. There appears to be very

little reference in the literature to any measurements other
than the simple sum or difference frequency. The essential

difference between the second and third types of test is that

the second gives emphasis to distortion produced by an
odd-order transfer characteristic, i.e. an input/output
characteristic containing odd-order powers, whereas the

third indicates distortion generated by an even-order
characteristic only.

In practice, the usefuhiess of each of these methods is

thus seen to be limited. No harmonics can be measured
when the fundamental is less than an octave below the

upper frequency cut-off of the system under test. Inter-

modulation measurements employing two widely spaced
test tones are applicable at low frequencies but inconveni-

ent at high frequencies. If the tones are closely spaced, the

converse apphes ; moreover, such a test does not reveal odd-
order distortion terms.

Details have also been published' of a further method
which may be regarded as similar to the second and third

described above, but in which the number of test tones has
been increased from two to infinity. The signal employed
consists ofrandom noise, the spectrum of which is uniform
and continuous except over a narrow frequency range
from which the signal is removed by a band-stop filter. The
products of non-hnear distortion will include both har-

monic and intermodulation components lying within this



band ; these components are isolated by means of a band-

pass filter, the output from which is used as a measure of

the distortion. It is not possible, however, to determine the

contribution to the total distortion by individual com-

ponents, and although the centre frequency of the two

filters concerned can be varied, the measurement gives no

indication over what portion of the spectrum the system

is non-linear; a further difficulty arises in assigning to the

input signal a peak level which could be related to the

rated overload level. Except for its original purpose,

which was the testing of carrier communication systems,

the method therefore appears to be less useful than those

described above.

The apparatus to be described* was designed in 1953 for

measurements on loudspeakers and has been in use since

1956, It enables the single- and two-tone tests to be carried

out in such a way that harmonic and intennodulation pro-

ducts are measured individually as a continuous function

of frequency, the results being substantially independent

of noise or other spurious signals in the system under test.

The higher levels of distortion are often associated with

flexural modes of resonance of the cone or surround. To
aid in locating the distorting element, a special strobo-

scope capable of operating at repetition rates up to 20 kc/s

has been included in the equipment.

The apparatus will be described as it would be used to

measure the performance of a loudspeaker ; the principles

employed are given in the following section, details of the

actual circuits and their performance are in Section 3, and

some typical measurements are given in Section 4.

2. PriDciples of Design

2,1 Method of Measurement of the Fundamental Com-
ponent ofa Signal

The method employed to measure the level of the funda-

mental component is not original ; it was developed inde-

pendently in various countries before the war, A descrip-

tion is, however, included both for completeness and be-

cause it introduces the novel methods to be described for

the measurement of harmonics and odd-order inter-

modulation products.

Fig. 1 indicates, in simplified form, the method em-
ployed to generate a signal and to measure the level of its

fundamental component. Signals from a fixed frequency

oscillator O^ and a variable frequency oscillator Oj, having

frequencies/i and/j respectively (/j, ^ /j) enter a modulator

MOD^. The difference frequency /i — /j, which lies in the

audio-frequency range, is selected by a low-pass filter

LPFj and applied to the loudspeaker LS, which is being

tested. The signal from the measuring microphone MIC,
together with a signal of frequency/a, derived from Og, are

applied to a second modulator MOD^. From MOD^, a

signal of the sum frequency (/^ —/a) -r/a, i,e./i, is selected

by the bandpass filter BPFj and the amplitude ofthis signal

is recorded by a meter RM. It should be noted that the fre-

quency of the summation product at the output ofMODj
is independent ofthe frequency ofthe signal/i — f^ applied

to the loudspeaker. By making the pass-band ofBPFivery
narrow, a high degree ofdiscrimination is provided against

signals of frequencies other than /i leaving MODg and

therefore against signals from the microphone having fre-

MOD,
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fig_ I _ Schematic circuitfor measurement offundamental. Fig. 2 — Schematic circuit for measurement of harmonics.
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fig. 3a— Schematic circuitfor measurement ofeven-order

intermodulation products.

quencies other than/j —/;. As a result, neither distortion

products radiated by the loudspeaker nor ambient noise

picked up by the microphone affect the level recorded by

RM.

2.2 Method ofMeasurement ofHarmonics in a Signal

To measure the amplitude ofthe «th harmonic generated

by the loudspeaker, the circuit of Fig. 1 is extended* as

shown in Fig. 2. The frequency /^ from oscillator O2 is ad-

justed so that /j — /s is now n times the frequency of the

signal to be applied to the loudspeaker. The outputs from

oscillators Oi and O2 are taken to separate frequency

dividers D^ and Da which yield output signals having fre-

quencies /i/n and/j/fl respectively. These two signals are

applied to the modulator MOD^, from which the difference

frequency f-^jn —fjn, which is in the audio-frequency

range, is selected by the low-pass filter LPFrt and applied

to the loudspeaker. Since, however, the indicating circuit

consisting of MOD2, BPFj, and RM responds only to

audio-frequency signals of frequencies in the immediate

neighbourhood of/i —f, no output will be registered if

the loudspeaker transfer characteristic is linear. If, how-

ever, the loudspeaker generates a harmonic of order n, the

signal from the microphone will contain a component of

frequency n{fjn —fjn), i.e. f^ —f^\ a corresponding sig-

nal of frequency /i will then reach RM, which will thus

record the amplitude of the «th harmonic only.

2.3 Method of Measurement of Intermodulation Distor-

tion

Fig. 3(7 shows a further extension of the circuit of Fig. 1

to permit measurement of the intermodulation products

generated when two signals, of a constant frequency dif-

ference A/, are simultaneously applied to the system under

test. Signals from Oj, and from an additional fixed oscil-

lator O3 of a frequency /s =/i + A/, are taken to an addi-

tionalmodulatorMOD3. Thed ifference signalfromMODg,
the frequency of which is /g —/a, i.e. (/j —/a) + A/, is

selected by an additonal low-pass filter LPFu and ap-

plied, together with the existing signal of frequency

/i ^/s' to the loudspeaker. If the loudspeaker transfer

characteristic is non-linear, the output of the microphone

will generally contain, in addition to signals at the original

frequencies (/i —/a) and (/^ — /;) - A/ and harmonics of

these, intermodulation products of (among others) fre-

quencies (mA/)and (/^ —/a) — mUsf where m is an integer.

The components of frequencies mA/are associated with

even-order terms in the transfer characteristic of the loud-

speaker. Since these frequencies do not vary with/j but

are constant, they can be isolated by operating the switches

Si and Sj so as to introduce one or other ofa series offixed-

frequency bandpass filters BPF^, BPF3 corresponding to

m = 1, m = 2, and so on, and the level can then be mea-

sured by the meter RM.
Components of frequencies (/^ —/;) — mA/are repre-

sentative of the odd-order terms in the transfer character-

istic. Being of variable frequency, they cannot be isolated

simply by fixed filters. This difiiculty is overcome^ by in-

creasing the frequencies of all three oscillators as in Fig.

ib by mA/so that

Oigives/i'=/i + /«A/

02 gives /a ' ^/^ + mAf
03 gives/3 ' =/, + mA/=/i + (w + I) A/,

the frequencies of the two signals applied to the loud-

speaker then remaining as before (A—/a) and (/i— /a)

+ A/.

Switch Si is now operated to connect the output of the

microphone to modulator MOD;; the distortion com-

ponent of frequency (f —/a) — mA/from MIC together

with the frequency of/a ' i.e. /a + m A/, from oscillator Oj

then yields a sum signal, having the fixed frequency f^,

which is filtered and registered on RM as before.

c

MOD 3 ^̂'^.'
D

BPF,

-^—
t,

RM

—.^ _J

f2=(2*riiAf^

CrtD
LPF,

MODiH '•^

MOD3 LPF„

^-x.
if,-i,.ai

L5 MIC

^ f,,f,-mAf

^1j'1,lm.\)t!.1

Fig. 3b— Schematic circuit for measurement of odd-order

intermodulation products.



2,4 Stroboscope

As described in the previous section two audio-fre-

quency glide tones with a fixed frequency difFeretice A/are

produced by the apparatus; one of them is also employed

to comrol a stroboscopic light source while the other is

used to drive the loudspeaker. It has been found that

resonance modes of the cone are most easily observed

when A/is about 4 c/s ; in fact /^ has been made variable so

that A/can be adjusted over the range of to 10 c/s.

The type of gas-discharge tube usually employed as a

light source for a stroboscope cannot be used at a repeti-

tion rate above about 400 c/s because of the length of time

required for de-ionization after each discharge. The strobo-

scope used in these experiments employs a light source

consisting of a form of cathode-ray tube, the phosphor

having a decay time of the order of 1 microsecond. In

orderto protect the cathode-ray tube against overload and

also to use it more efficiently than is customary with a dis-

charge tube, a novel form of pulsing is employed. The

usual method is to apply a very short pulse of constant

duration, irrespective of the repetition rate, with the result

that at low repetition rates the light output is unnecessarily

low. To overcome this defect and give the maximum il-

lumination of the object under test at all frequencies with-

out blurring of the image, the time constant of the pulsing

circuit which controls the high-tension current in the tube

is automatically adjusted by the frequency of the signal in

such a way that the duration of the pulse is substantially a

constant fraction of a cycle;* this fraction can have any
1

One way of producing this pulse is shown diagram-

matically in Fig. 4, The input signal waveform is squared

by diodes Xi Xg, and differentiated by CR to form pulses

;

a d.c. voltage proportional to the frequency of the input

signal is also extracted in the manner shown. The pulses

are backed off by this variable d.c. voltage so that the

duration of the pulse is maintained at an approximately

constant fraction of a cycle for a wide range offrequencies.

This residual pulse is then squared and amplified by subse-

quent valve stages. To increase the total frequency range

which can be covered, the value of the time constant CR
can be changed.

As an alternative, the time constant of the CR circuit

can be controlled as in Fig. 5 by including one of the

elements in the feedbacic loop of an amplifier whose gain

is varied with frequency by the d.c. voltage obtained in the

manner previously described,

3. Circuit Details and Performance

3.1 General

Circuit and performance details of an experimental in-

strument are given in this section. It is not claimed that the

circuits used are necessarily the best, and in fact various

possible improvements are indicated. Figs. 6 to 11 show
the circuits employed and should be referred to in con-

junction with the schematic diagrams already described.

3.2 Measurement ofthe Fundamental and ofHarmonics in

a Signal

3.2.1 Circuit Details

General

The combination of Oj, MODa, BPF^, and KM, shown
in Fig. 1 , is to be found in the well-known heterodyne type

of wave analyser, and an early commercial instrument of

this type was adapted for the purpose; Fig. 6 shows the

circuit diagram. The objects of the changes were to obtain

an additional output from the oscillator and from the

crystal filter, to improve the performance of the filter and

the frequency stabihty of the oscillator and to produce a

frequency scale giving a logarithmic law with respect to the

audio-frequency /i
—

f^. Such a scale is very desirable as re-

corded curves of fundamental and of harmonic distortion

can then be directly aligned with respect to one another, as

in Fig. 7, so that they show the levels of the harmonics for

a given fundamental frequency.

The oscillator frequency can be varied from approxi-

mately 50 kc/s to 34 kc/s ; to reduce the level of the carrier

frequency components in the output the modulator,

MOD3, is of the balanced variety. The bandwidth of the

filter BPFj, is largely determined by the two quartz crystals

and is 4 c/s between the half-power points.

Divider D^
In Fig. 2 it will be seen that dividers Dj and D.j are inter-

posed between oscillators Oj and O^ and the modulator

MODi ; when the division ratio is unity, i.e. the frequency

^ ^
INPUT

X, Xj

c s^
J\-

-W-rAA,v^-T—

1

T T

c>

1
OUTPUT

/ \S3C. " FfiEOUENClf

fig, 4— Schematic pulsing circuit for high-frequency stroboscope.
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Fig. 6— Circuit of modified wave analyser (O2, MOD^, BPFr, and RM).
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Fig. 8 — Circuit of binary divider D^



Fig. 9 — Circuit of oscillators Oi and O^ and Sanaphant divider Di.

of the output signal is the same as that of the input, the cir-

cuit is effectively the same as that of Fig. 1. The signal ap-

plied to divider Da may vary between 50 kc/s and 34 kc/s;

a divider which will operate only with an input of fixed

frequency is therefore unsuitable. Fig. 8 shows the circuit

used ;' it is of the binary type and was chosen as experience

had shown it to be extremely stable and reliable. Three

binary pairs are used, giving division ratios down to 1 : 8,

thus allowing measurements to be made of harmonics up

to the 8th. Two binary pairs would have restricted the

analysis to the 4th harmonic; on the other hand, the addi-

tional instrumental complication needed to make use of

an additional bmary pair to go beyond the 8th was thought

to be excessive compared with the usefulness of the infor-

mation gained. The sine waveform input from the oscil-

lator O2 is squared by rectifiers MRi and MRg. In the

'unity' position of the division ratio selector switch, this

square wave signal is connected to the output switch; for

other positions it is differentiated by C5R6 to form a pulse.

Frequency-division of the repetition rate of this pulse is

provided by one or more of the binary pairs V2V3, V4V5,

and V6V7 in the usual way, giving division ratios of 1 : 2,

1 : 4, and 1 : 8. From the output of the last pair, a pulse

delayed by LI C29 is returned through Vll, V12, V13,

and /or V14 to the appropriate binary pairs to produce the

ratios 1 : 3, 1 : 5, 1 : 6, and 1 : 7. Further details of this

circuit are given in the reference cited.

Oscillator O^
It was shown in Section 3.1 that the frequency /i which

is intended to be passed by the filter BPF^ is derived from

oscillator Oj. (See Fig. 2.) In order to obtain the desired

selectivity, the filter has a uniform response over a band of

only two cycles per second, and it follows that the fre-

quency drift of Oi must be appreciably less than this; a

crystal controlled oscillator with amplitude stabilization

is therefore employed. Fig. 9 shows the circuit, together

with a buffer amplifier V17 to divider D^.

Divider D^

As previously mentioned for divider D.^ the input signal

by-passes the divider when unity division ratio is required

but the waveform is squared and differentiated for the

other ratios. However, unlike the input to Dj, the signal

applied to Dj has a fixed frequency and the divider may
therefore be simpler. The Sanaphant^" circuit chosen em-

ploys only a quarter of the number of valves used for Dj
andis basicallyoftheMillertime-basevariety.The division

ratio is determined by one of the capacitors C143 to C149

11
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shown in Fig. 9 and also by the 'catching' voltage which is

applied through V19 from the potentiometer R162. It is

found that if this voltage is kept constant and the capaci-

tors are used as the element determining the division ratio,

the output level varies much less with this ratio than if

the alternative arrangement was used.*

Modulator MOD^
The modulation system used for MODj, shown in Fig.

10, was developed by Mayo," and was chosen with the ob-

ject of keeping distortion in the output to a minimum.
Currents from high-impedance sources are applied to a

pair of rectifiers; the waveform of the switching current is

rectangular instead of the customary large amplitude sine

wave, whilst the modulated current has a pure sine wave-

form. Neither of the outputs from the dividers is in the

form of a sine wave and one or other of the two signals

must therefore be filtered before it can be apphed to the

modulator. The choice as to which signal is filtered is de-

termined by the fact that the level of any particular har-

monic in the output can be reduced by employing a
switching waveform which does not contain that harmonic

instead of always using a square waveform. For example,

if the 5th harmonic is to be reduced to a minimum a ratio

of 1 : 4 is used for the switching waveform, and it is an

incidental property of the binary divider employed that

this condition is automatically achieved for almost all of

the ratios required. In addition it is easier to obtain the

equally essential pure sine wave from the fixed-frequency

oscillator and divider Dj, than from the variable frequency

supplied by D^. The resonant circuit employed to extract

this sine wave from the output of D^ is shown in Fig. 10.

The tuning capacitors C166 to C173 are switched in ac-

cordance with the division ratio, whilst the resistors R195
to R202 are used to equalize the output level for each ratio.

The lower side-band in the modulator output is selected

by the low-pass filter LPFi_8 lying between Tl and T2, the

filter cut-offfrequency also being switched according to the

ratio of the dividers; it may be noted here that ifa balanced

modulator were employed the carrier level in its output

would be considerably reduced and fewer components
would be needed in the filter. Negative feedback around

the output stage VI 5, T3, ensures that it introduces very

little distortion.

• This form of divider could probably replace that employed for
Dj. In this case the catching voltage would also be varied with the in-

put frequency by mounting the potentiometer RI62 on the spindle
of the variable capacitor of oscillatoT Os.

Meter RM
The signal from the crystal filter which is read on the

meter RM has a frequency of about 50 kc/s. Very few re-

eiFFE.^ AUBLIFI&PJ

BPFj -BFF,

Fig. 11 — Circuit ofmodulator MOD, with associatedfilter and ofbandpass filters BPFt to BPFt.
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cording instruments will operate with an input of this fre-

quency and therefore to permit continuous recordings to

be made an output from the filter is shifted in frequency to

a few hundred cycles per second. For this purpose an addi-

tional output taken from the filter BPFj and a signal from
the crystal oscillator O3 are applied as shown in Fig. 11 to

modulator MOD4 the design ofwhich is similar to MODi.
The difference frequency from MOD4 is 120 c/s, 360 c/s,

or 480 c/s according to the particular crystal in use at the

time; the low-pass filter following MOD^ can therefore be

very simple.

3.2.2 Performance

3.2.2.1 Measurement of fundamental

The minimum measurable ratio of fundamental to un-
wanted signals i s determined by the selectivity of the crystal

filter BPFj. The frequency characteristic of the modified

filter is flat to within 0-25 dB over a bandwidth of 2 c/s

and the half-power points are 4 c/s apart; the attenuation

is greater than 20 dB at 8 c/s from the centre of the pass-

band and 60 dB at 60 c/s from the centre.

It was shown in Section 3.2 that harmonics present in

the loudspeaker output do not affect the measurement of

the fundamental and the purity of the input to the loud-

speaker is therefore not important for this measurement.
In fact at ] kc/s the 2nd harmonic in the signal supplied is

57 dB, the 4th is 70 dB, and the remainder 80 dB or more
below the level of the fundamental.

3.2.2.2 Measurement ofHarmonics
The minimum percentage distortion which can be mea-

sured for a particular harmonic is determined by the se-

lectivity of the filter BPF^, by the level of the harmonic
produced by the analyser itself and by the noise level. The
selectivity is given in Section 3.2.2.1 and is a limitation

only at low frequencies, where harmonics may be close to

each other or to mains-frequency interference.

Distortion is generated in the instrument by modulator
MOD2 and also by MOD^ and the output amplifier. That
generated by MOD^ is sufficiently low to permit a har-

monic to be measured 80 dB below the fundamental. Har-
monics generated in MODj and the output amplifier aflFect

the test signal supplied and the distortion allowable in this

signal depends on the measurement being made; for ex-

ample, if 3rd harmonic is beingmeasured the signal should

be free of this component, whereas others such as 2nd,

4th, etc. are not recorded and are therefore relatively un-
important.

The level of the harmonic which is present in the test

signal is given below for the different measurement con-

ditions; most of the distortion is generated in the output

amplifier and could be reduced if it were required.* J-iow-

ever considerably more distortion than this is generated

in even the highest quality loudspeakers when operating

at normal listening levels.

* The levels of at least the 2nd and the 4th harmonic could be re-

duced by employing a symmetricai stage instead of a single ended
one (VI 5, Fig. 10).

Measurement of

Level of harmonic with respect to

fundamental in test signal of2V.
at

2nd harmonic

3rd harmonic

4th harmonic

5th harmonic

6th harmonic

7th harmonic

8th harmonic

50 c/s I kc/s

-58 dB
-56 dB
70 dB

-76 dB
-80dB

<^80dB
<-80dB

--68 dB
-80 dB

<-80dB
<-80dB
<-80dB
<-80dB
<-80dB

3,3 Measurement of Intermodulaiion Distortion

3.3.1 Circuit Details

Most o£ the items shown in Fig. 3 have already been des-

cribed. Of the remainder the circuit of oscillator O3 is the

same as that of O^ and is also shown in Fig. 9. In Fig. 1 0,

modulator MOD3, similar to MODj, is connected directly

to the filter LPF^t, and thence to the output stage. The sig-

nal from LPFi is then added in a linear non-mutual net-

work and the composite signal appfied to the loudspeaker.
The frequency difference A/between the two test signals

has been set at 121 c/s, this choice being a compromise. On
the one hand a large frequency difference eases the design
of the filters necessary to separate the different intermodu-
lation components; on the other hand rapid fluctuations

of distortion with frequency can be more accurately re-

solved if the two signals are confined to a narrow band-
width. It is also important to avoid interference from har-

monics of the mains frequency when measuring the differ-

ence products. The geometrical mean between 100 and
150 c/s was therefore chosen.

The circuits employed for the bandpass fitters BPFj,
BPF3, BPF4, and BPF5, are given in Fig. 1 1.

3.3.2 Performance

As mentioned in Section 3.2.2.2 the lowest level of dis-

tortion which can be measured is set by the frequency
separation of the signals concerned, and by the selectivity

of the filters, fn the measurement of odd-order distortion

terms the selectivity of filter BPF^ is such that for signals

121 c/s away from the centre of the pass-band frequency
the attenuation is about 75 dB. When measuring the even-

order terms the fundamental frequencies are much farther

removed from the intermodulation products than are the

odd-order ones and therefore the filters BPF2 to BPF5 need
not be so selective to achieve the same rejection of the test

signals. Against neighbouring intermodulation compo-
nents the filters have a discrimination varying from 65 to

45 dB; the attenuation of the comparatively low level

100 c/s and 150 c/s harmonics of mains frequency which
might be picked up by the microphone is about 25 dB by
BPF2, 50 dB by BPF3, and over 70 dB by BPF4 and BPF^.
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Fig. 12— Circuit ofstroboscope.

3.4 Stroboscope

An embodiment of the scheme of Fig. 4 is shown in Fig.

12. The input signal is amplified by VI, the waveform

squared by MRl and MR2 andthen differentiated. Capaci-

tor C4 is used for the frequency range 50-500 c/s, C5 for

400-5,000 c/s, and C6 for 4,000-20,000 c/s. A rectified

voltage is provided by the grid ofV2 and smoothed by C8

;

the pulse waveform above this backing off voltage is am-

plified and also limited by V2, It is further amplified by V3

and applied to the control grid of a special cathode-ray

tube. This tube was specially made for the purpose* and is

run under rather unusual conditions in order to obtain the

maximum light output. The beam is defocused to give an

image of approximately 1 in (2-5 cm) diameter, and the

dissipation at the screen is about 5 watts mean; at these

levels a 'non- solarizing' glass is essential to ensure that

none of the light is attenuated. The tube is normally biased

off and a peak beam current of approximately 3 mA at

12 kV is drawn when the input pulse is applied. The fre-

quency difference between the signal applied to the loud-

speaker and that applied to the tube may be varied between

zero and 10 c/s; a figure of about 4 c/s is found to be op-

timum, and under these conditions it is found that a sharp

visual image is obtained using an on/off ratio as high as

1 : 6 which means that a correspondingly high light out-

put is produced by the tube. The phosphor used has a

decay time of about 1 /xsecf In fact the frequency limita-

tion in stroboscopic examination no longer lies in the

light source but in obtaining sufficient amplitude of

motion of the test object.

* Suitable tubes are now available comineTciaMy.

t This permits modes of vibration of microphone ribbons to be
examined at frequencies in excess of 10 kc/s.

4. Results

Fig. 13 shows, as an example of the practical utility of the

equipment, some results of low-level tests on a small loud-

speaker. The effect of employing a vented cabinet on the

overall level of 3rd harmonic distortion at low frequencies

is clearly evident and in accordance with expectations.

More arresting is the fact that at the vent resonance fre-

quency the output from the loudspeaker cone surround

shows a considerable increase in the level of distortion in

relation to the level ofthe fundamental. The reason for this

effect is that at this frequency a given displacement of the

loudspeaker cone generates a much higher back pressure

in the cabinet than at neighbouring frequencies. This

high pressure displaces the cone surround, in the opposite

direction to that taken by the cone, until it reaches the

limits of its travel. The same effect, although over a wider

frequency band, will be produced byany unit having a very

flexible surround and mounted in a small closed cabinet.

Similar types of curve taken during the development of

high-grade monitoring loudspeakers have proved extrem-

ely valuable in locating and eliminating various sources of

distortion.

Figs. 14a and b show a set of measurements made on a

medium-size monitoring-type loudspeaker in which the

crossover frequency between low- and high-frequency

units is 1 '8 kc/s; the input voltage was held constant at a

level which gave a sound pressure of 94 dB w.r.t. 0-0002

dyn/cm^ at 4 ft 6 in. at 400 c/s. It will be seen that the dis-

tortion level increases as the test frequency approaches

the lower end of the band over which the different units

operate ; although the distortion levels are low it is evident,

particularly from Fig. 14i>, that the crossover frequency

could not have been appreciably reduced without serious
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risk of overloading the high-frequency units. The differ-

ence in the magnitude of the irregularities in the curves for

fundamental and harmonics should be noted; also the

fact that the frequency at which the level of one harmonic

is a maximum often does not coincide with that for the

maximum of another and may, indeed, even coincide with

a minimum, e.g. 3rd and 5th harmonics at 650 and 700 c/s.

Measurements of distortion as a continuous function of

frequency as opposed to measurements at a few spot fre-

quencies should need no further justification even if the

method were only used to choose the frequencies at which

to carry out detailed examination.

Fig. 15 shows a set of measurements taken during the

design of a network which served as a combined loud-

speaker equalizer and crossover network; the inductances

employed had laminated iron cores. In this and the previ-

ous figure, the distortion shown includes that caused by

the effect of the reactive load on the loudspeaker amplifier.

The stroboscope has been employed, amongst other

things, in the examination of the various resonance modes

of loudspeaker cones to investigate the cotmection be-

tween these modes and distortion levels. At higher fre-

quencies the motion of electrically driven ribbon and

moving-coil microphones has been studied at frequencies

in excess of 10 kc/s.

Figs. 16 and 17 show photographs of the complete

equipment.

5. Conclusion

The various published methods of measuring non-linear

distortion have been shown to possess serious limitations.

A description is given of a new method by which the

levels of the fundamental and the non-hnear distortion

products generated by equipment such as a loudspeaker

may be measured as a continuous function of frequency.

To obtain a complete picture of the transfer function,

AHALYSER UNIT

OSCILLATOR,DIV(DER
I'lAND OUTPUT UNIT.

STBOfiOSCOPIC UNIT

MAINS UNIT

Fig, 16— External view of apparatus.
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Fig. 17— External view of light source.

again as a continuous function offrequency and down to a

very low level.

Typical curves taken with the equipment are shown;

measurements of this kind have proved of great value

during the development of high-grade monitoring loud-

speakers.

The stroboscope can be operated at repetition rates

covering the whole audio-frequency band, and the illumi-

nation produced is independent of the repetition rate. A
second signal is provided by which the object being ex-

amined can be driven at a frequency different, by to 10

c/s, from that of the light source.
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measurements are made both of harmonic and of inter-

modulation distortion products. A method is also given

which permits a stroboscope examination of the various

loudspeaker resonance modes which may give rise to the

non-linearity.

Equipment incorporating these ideas has been con-

structed and although using circuits which could be im-

proved in the light of experience, has been adequate to

indicate the potentialities of the method. For measure-

ments offundamental and harmonics the frequency range

covered is 30 c/s to 1 6 kc/s and harmonics up to the 8th

can be measured in this way. The accuracy and discrimina-

tion achieved are sufficient to permit measurements to be

made of the smallest degree of non-linearity likely to be of

interest in this field.

For intermodulation tests two signals 121 c/s apart are

provided and are intended to be employed in the frequency

range from about 500 c/s to 16 kc/s. Distortion products

representative of even and odd powers in the transfer

characteristic up to the eighth order can be measured,
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